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(54) Channel estimation and data decisions for multicarrier reception 



(57) In a DVB-T receiver, a channel equaliser (110) 
generates an indirect measure of transmission channel 
state from scattered pilots transmitted in the signal, and 
interpolates (312,316) from these to give channel state 
measurement values for all the carriers. A direct meas- 
ure of transmission channel state is separately obtained 
from the differences (246) between the input values and 
hard quantised (244) values obtained from them, filtered 



in a symbol recursive filter (260). Each channel state 
measure is applied to a control law circuit (320,280) to 
provide a control signal (348,346). The control signal in- 
dicating the poorer quality is selected (350) to provide 
channel state measurement used for control. This con- 
trol signal (354) controls the confidence-level discrimi- 
nation levels of soft-decision quantisers (226) in the 
main signal path. 
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Description 

Background of the Invention 

[0001] This invention relates to a method and appa- 
ratus for determining channel state information from an 
OFDM (orthogonal frequency-division multiplex) signal 
received overa channel, and to a method and apparatus 
for determining values encoded by the received signal, 
the values being selected from a plurality of possible val- 
ues. 

[0002] The invention is described in the context of the 
reception of so-called DVB-T signals, that is signals in 
accordance with the Digital Video Broadcasting stand- 
ard for Terrestrial television, as defined in European Tel- 
ecommunication Standard ETS 300 744. The invention 
is not however limited to use with such signals, but can 
be used with other many-carrier transmission systems 
which use soft-decision decoding and require a channel 
state indication to be obtained for each carrier. 
[0003] The classical approach to channel state meas- 
urement has in this context has been to make use of the 
frequency response characteristic as determined in a 
channel equaliser at the receiver. This operates by de- 
tecting the strength of scattered pilots or reference car- 
riers in the many-carrier frequency multiplex, and inter- 
polating a value for each data carrier. If there is no fre- 
quency selective interference, then the noise on all the 
carriers is the same. The inverse of the frequency re- 
sponse can then be regarded as a measurement of 
channel state, the wanted-to-unwanted signal power ra- 
tio. This is however a relatively indirect way of obtaining 
a channel state measurement for each carrier. 
[0004] Our European Patent Application EP-A-0 991 
239A describes a channel state measurement method 
which directly measures the difference between re- 
ceived values and the nearest quantised constellation 
point. This in principle produces an improved measure- 
ment of channel state for each carrier. 
[0005] However, we have found that in certain circum- 
stances the system of our earlier patent application pro- 
duces less satisfactory results. This is particularly the 
case when the receiver is receiving two signals at ap- 
proximately equal power, and where the receiver is mo- 
bile so that one of the received signals has suffered a 
Doppler frequency shift. Two transmitted signals may be 
received from two transmitters (OFDM is designed to 
enable the use of a single-frequency network), or there 
may be so-called OdB echoes, that is reflections at a 
power which is not reduced relative to the direct signal. 
In the particular situation of two such signals and a fre- 
quency shift, the improvement otherwise seen with the 
system of our earlier patent application is not obtained. 
[0006] Reference may be made to United States Pat- 
ent US-A-5,687, 1 64 which describes the use of a Viterbi 
decoder to decode a QAM signal. International Patent 
Application W097/13378 describes obtaining channel 
state information from QPSK modulated symbols. Unit- 



ed States Patent US-A-5,636,253 describes selecting 
for each symbol the nearest of the QAM points and cal- 
culating the difference from it, and multiplying it with a 
weighting coefficient. International Patent Application 

5 W092/22162 describes a QAM system in which the 
constellation is modified in accordance with channel 
quality. United States Patent US-A-5, 134,635 describes 
a convolution^ decoder which assigns bit metrics to at 
least one bit of a symbol, and uses soft-decision Viterbi 

10 decoding with channel state information. United States 
Patent US-A-4,630,305 describes a noise suppression 
system for use with high ambient noise which estimates 
channel energy and controls channel gain in depend- 
ence thereon. 

15 [0007] United States Patent US-A-5 ,274,629 de- 
scribes the use of reference carriers (pilots) in an OFDM 
transmission, and at a receiver using the channel fre- 
quency response obtained by measuring the reference 
carriers to ensure coherent demodulation of the data 

20 earners. 

[0008] International Patent Application WO97/25780 
describes a single-carrier receiver which estimates 
channel response; this is a complex number (H). In Ap- 
plication WO97/25780, the receiver demodulates a 

25 transmitted signal and makes an initial estimate of the 
channel response from pilots in the transmission. The 
receiver makes a hard initial decision as to what the 
transmitted data was, and on the basis of this the re- 
ceived data symbols have their phase modulation re- 

30 moved so that their phases are aligned with the pilot 
phases. The samples having a vector projection closest 
to the average are retained and used to generate a new 
channel response estimate, thereby discarding 'outliers' 
or incorrect assignments. A subsequent further im- 

35 proved channel response estimate is then obtained. 

Summary of the Invention 

[0009] The invention in its various aspects is defined 
^0 in the independent claims below, to which reference 
should now be made. Advantageous features are set 
forth in the appendant claims. 

[0010] A preferred embodiment of the invention is de- 
scribed below with reference to the drawings. The pre- 

45 ferred embodiment takes the form of a DVB-T receiver, 
in which a channel equaliser generates an indirect 
measure of transmission channel state from scattered 
pilots transmitted in the signal, and interpolates from 
these to give channel state measurement values for all 

50 the carriers. A direct measure of transmission channel 
state is separately obtained from the differences be- 
tween the input values and hard quantised values ob- 
tained from them, filtered in a symbol recursive filter. 
This can be termed 'cloud size'. Each channel state 

55 measure is applied to a control law circuit to provide a 
control signal. The control signal indicating the poorer 
quality is selected to provide channel state measure- 
ment used for control. This control signal controls the 
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confidence-level discrimination levels of soft-decision 
quantisers in the main signal path. 
[0011] We have appreciated that the strengths and 
weaknesses of the direct measurement method, using 
differences between the input values and hard quan- 
tised values obtained from them, and of the indirect 
method, using interpolation from scattered pilots, are 
complementary, and in each case the weakness is in 
the direction of being too optimistic, that is indicating that 
the transmission channel state is better than is in fact 
the case. The invention combines the measurements in 
a non-linear way so as to use the respective strengths 
of the two methods to avoid their weaknesses. 

Brief Description of the Drawings 

[0012] The invention will now be described in more 
detail, by way of example, with reference to the accom- 
panying drawings, in which: 

Figure 1 is a schematic block diagram of a known 
DVB-T transmitter, 

Figure 2 shows the construction of the punctured 
conventional coder forming the inner coder of the 
transmitter of Figure 1; 

Figure 3 is a schematic block diagram of a typical 
DVB-T receiver design; 

Figure 4 shows the metric assignment and dema- 
pping circuit of the receiver of Figure 3 when con- 
structed in accordance with our European Patent 
Application EP-A-0 991 294A; 
Figure 5 shows the channel equaliser and the met- 
ric assignment and demapping circuit of the receiv- 
er of Figure 3 when constructed in accordance with 
another prior proposal using an indirect method of 
channel state measurement; and 
Figure 6 shows the channel equaliser and the met- 
ric assignment and demapping circuit of the receiv- 
er of Figure 3 when constructed in accordance with 
the preferred embodiment of the present invention. 

Detailed Description of the Preferred Embodiment 

[0013] The preferred embodiment is implemented as 
a DVB-T receiver. To enable an understanding of the 
present invention a description of the principles of a 
DVB-T transmitter and receiver are first described with 
reference to Figures 1 to 3. Channel state measurement 
systems for use in DVB-T receivers are then described; 
first the direct system of our European Patent Applica- 
tion EP-A-0 991 294A, with reference to Figure 4, and 
then an indirect system, with reference to Figure 5. Fi- 
nally a receiver embodying the invention is described 
with reference to Figure 6; to avoid repetition, parts of 
the circuit of Figure 6 which have previously been de- 
scribed with reference to Figures 4 and 5 are not again 
described in detail. 



DVB-T Transmitter 

[0014] Figure 1 is a block diagram of a transmitter 10 
for use in the Digital Video Broadcasting standard for 

5 Terrestrial television (DVB-T) as defined in European 
Telecommunication Standard ETS 300 744 (hereinafter 
"the standard"). Reference should be made to that 
standard for further details; the following description is 
by way of a summary for the purpose of illustrating the 

10 present invention. 

[0015] The transmitter receives video (V), audio (A), 
and data (D) signals from appropriate signal sources via 
inputs 12 and these are applied to an MPEG-2 coder 
14. The MPEG-2 coder includes a separate video coder 

*5 16, audio coder 18 and data coder 20, which provide 
packetised elementary streams which are multiplexed 
in a programme multiplexer 22. Signals are obtained in 
this way for different programmes, that is to say broad- 
cast channels, and these are multiplexed into a trans- 

20 port stream in a transport stream multiplexer 24. Al- 
though considered as part of the transmitter for the pur- 
poses of this specification, the components up to the 
multiplexer 24 will normally be located at the studio com- 
plex. The output of the transport stream multiplexer 24 

25 consists of packets of 1 88 bytes and is applied to a ran- 
domiser 26 for energy dispersal, where the signal is 
combined with the output of a pseudo-random binary se- 
quence (PRBS) generator received at a terminal 28. The 
randomiser more evenly distributes the energy within 

30 the RF (radio frequency) channel. The MPEG-2 coding 
and multiplexing and the randomising are not further de- 
scribed as they are not relevant to an understanding of 
the present invention. For further details of MPEG-2 ref- 
erence may be made to standard ISO/IEC 13818 "Cod- 

35 ing of moving pictures and associated audio". An intro- 
ductory discussion may be found, for example, in "Dig- 
ital Television" by Herve Benoit, 1997, ISBN 
0340691905. 

[0016] The signal is now applied to a channel coding 
40 section 30 which is generally known as the forward error 
corrector (FEC) and which comprises four main compo- 
nents, namely: 

an outer coder 32, 
45 an outer interleaver 34, 
an inner coder 36, and 
an inner interleaver 38. 

[0017] These will now be described. The two coding 
50 stages 32,36 provide a degree of redundancy to enable 
error correction at the receiver. The two interleaving 
stages 34,38 are necessary precursors for correspond- 
ing deinterieavers at a receiver so as to break up bursts 
of errors so as to allow the error correction to be more 
55 effective. 

[0018] The outer coder 32 is a Reed-Solomon (RS) 
coder, which processes the signal in packets of 188 
bytes and adds to each packet 1 6 error protection bytes. 
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This allows the correction of up to 8 random erroneous 
bytes in a received word of 204 bytes. This is known as 
a (204, 188, t=8) Reed-Solomon code. This is achieved 
as a shortened code using an RS (255, 239, t=8) encod- 
er but with the first 51 bytes being set to zero. 
[001 9] The outer interleaver 34 effects a Forney con- 
volutional interleaving operation on a byte-wise basis 
within the packet structure, and spreads burst errors in- 
troduced by the transmission channel over a longer time 
so they are less likely to exceed the capacity of the RS 
coding. After the interleaver, the nth byte of a packet 
remains in the nth byte position, but it will usually be in 
a different packet. The bytes are spread successively 
over 1 2 packets, so the first byte of an input packet goes 
into the first output packet, the second byte of the input 
packet is transmitted in the second output packet, and 
so on up to the twelfth. The next byte goes into the first 
packet again, and every twelfth byte after that. As a 
packet contains 204 bytes, and 204 =12x17, after the 
outer interleaving a packet contains 17 bytes that come 
from the same original packet. 

[0020] The inner coder 36 is a punctured convolution- 
al coder (PCC). The system allows for a range of punc- 
tured convolutional codes, based on a mother convolu- 
tional code of rate 1/2 with 64 states. Figure 2 is a block 
diagram illustrating a hardware implementation of the 
convolutional coder. The data input is applied to a series 
of six one-bit delays 40 and the seven resultant bits 
which are available are combined in different ways by 
two modulo-2 adders 42,44, as shown. These adders 
provide the output of the inner coder in the form of an X 
or G 1 output and a Y or G 2 output, the letter G here 
standing for the generator sum. The X and Y outputs 
are combined into a single bit stream by a serialiser 45. 
[0021] The puncturing is achieved by discarding se- 
lected ones of the X and Y outputs in accordance with 
one of several possible puncturing patterns. Without 
puncturing, each input bit gives rise to two output bits. 
With puncturing one of the following is achieved: 

Every 2 input bits give 3 output bits 
Every 3 input bits give 4 output bits 
Every 5 input bits give 6 output bits 
Every 7 input bits give 8 output bits 

[0022] This is set out in Table 2 in the standard; the 
punctured code rates are represented in the form 2/3, 
3/4, 5/6 and 7/8. The puncturing takes place in the se- 
rialiser 45. 

[0023] Returning to Figure 1, the inner interleaver 38 
in accordance with the standard is implemented as a 
two-stage process, namely bit-wise interleaving fol- 
lowed by symbol interleaving. Both are block based. 
First, however, the incoming bit stream is divided into 2, 
4 or 6 sub-streams, depending on whether QPSK (quad- 
rature phase shift keying), 16-QAM (quadrature ampli- 
tude modulation), or 64-QAM is to be used, as described 
below. Each sub-stream is separately bit interleaved 



6 

and all the streams are then symbol interleaved. 
[0024] The bit interleaver uses a bit interleaving block 
size which corresponds to one-twelfth of an OFDM sym- 
bol of useful data in the 2k mode and 1/48 of an OFDM 
5 symbol in the 8k mode. These two modes are explained 
below. 

[0025] The symbol interleaver maps the 2, 4 or 6-bit 
words onto 1512 or 6048 active carriers, depending on 
whether the 2k or 8k mode is in use. The symbol inter- 

10 leaver acts so as to shuffle groups of 2, 4 or 6 bits around 
within the symbol. This it does by writing the symbol into 
memory and reading out the groups of 2, 4 or 6 bits in 
a different and permuted order compared with the order 
in which they were written into the memory. 

is [0026] Finally the groups of 2, 4 or 6 bits are applied 
to a mapper 46 which quadrature modulates the bits ac- 
cording to QPSK, 16-QAM or 64-QAM modulation, de- 
pending on the mode in use. (QPSK may also be rep- 
resented as 4-QAM.) The constellations are shown in 

20 Figure 9 of the standard. It will be appreciated that this 
requires 1 , 2 or 3 bits on the X axis and 1 , 2 or 3 bits on 
the Y axis. Thus while reference has been made to 2, 4 
or 6 bits in the shuffling process, in fact the shuffling is 
applied to 1, 2 or 3 bits in the real part and 1, 2 or 3 bits 

25 in the imaginary part. 

[0027] So-called hierarchical transmission can be 
used in which a high-priority stream and a low-priority 
stream are separately modulated. 
[0028] The signal is now organized into frames in a 

30 frame adapter 48 and applied to an OFDM (orthogonal 
frequency-division multiplexer) coder 50. Each frame 
consists of 68 OFDM symbols. Each symbol is consti- 
tuted by 1705 carriers in 2k mode or 6817 carriers in 8k 
mode. Using the 2k mode as an example, instead of 

35 transmitting 1705 bits sequentially on a single carrier, 
they are assembled and transmitted simultaneously on 
1 705 carriers. This means that each bit can be transmit- 
ted for much longer, which, together with the use of a 
guard interval, avoids the effect of multipath interference 
40 and, at least in 8k mode, allows the creation of a single- 
frequency network. 

[0029] The duration of each symbol, the synibol peri- 
od, is made up of an active or useful symbol period, and 
the guard interval. The spacing between adjacent carri- 
es ens is the reciprocal of the active symbol period, thus 
satisfying the condition for orthogonality between the 
carriers. The guard interval is a predefined fraction of 
the active symbol period, and contains a cyclic continu- 
ation of the active symbol. 
50 [0030] The predefined fractions are 1/4, 1/8, 1/16 and 
1/32. The total symbol duration is of the order of 250 \is 
for the 2k mode and 1 ms for the 8k mode. 
[0031] The frame adapter 48 also operates to insert 
into the signal pilots, some of which can be used at the 
55 receiver to determine reference amplitudes and phases 
for the received signals. The pilots include scattered pi- 
lots scattered amongst the 1705 or 6817 transmitted 
carriers as well as continual fixed pilots. The pilots are 
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modulated in accordance with a PRBS sequence. Some 
other carriers are used to signal parameters indicating 
the channel coding and modulation schemes that are 
being used, to provide synchronization, and so on. 
[0032] The OFDM coder 50 consists essentially of an 5 
inverse fast Fourier transform (FFT) circuit 52, and a 
guard interval inserter circuit 54. The construction of the 
OFDM coder will be known to those skilled in the art. 
[0033] Reference is made to British Broadcasting 
Corporation Research and Development Report BBC 10 
RD 1996/8, P. Shelswell, "The COFDM Modulation Sys- 
tem" with regard to OFDM generally, and to a paper by 
Stott, J.H., 1997, "Explaining some of the Magic of 
COFDM", Proceedings of the 20th International Sympo- 
sium, Montreux 1997, pages 341 to 350, which de- 15 
scribes how the various components of the forward error 
corrector co-operate with the OFDM coder to provide a 
very advantageous coding system. 
[0034] Finally, the signal is applied to a digital to ana- 
logue converter 56 and thence to a transmitter 'front end 1 
58, including the transmitter power amplifier, and is ra- 
diated at radio frequency from an antenna 60. 

DVB-T Receiver 

[0035] The receiver construction is not specified by 
the standard ETS 300 744, but typically includes com- 
ponents corresponding to those in the transmitter but in 
reverse order. A generalised DVB-T receiver 100 is il- 
lustrated in simplified form in the block diagram of Figure 
3, with some elements which are not of particular rele- 
vance to the present invention omitted. Reference may 
also be made to European Patent Application EP-A-0 
877 526 for a description of an integrated circuit forming 
the main component of a receiver. 
[0036] In the receiver 100 an analogue RF signal is 
received by an antenna 102 and applied to a tuner or 
down-converter 104, constituting the receiver front end, 
where it is reduced to baseband. The signal from the 
tuner is applied to an analogue-to-digital converter 106, 
the output of which forms the input to an OFDM decoder 
108. The main constituent of the OFDM decoder is a 
fast Fourier transform (FFT) circuit, to which the FFT in 
the transmitter is the inverse. The FFT receives the 
many-carrier transmitted signal with one bit per symbol 
period on each carrier and converts this back into a sin- 
gle signal with many bits per symbol period. The exist- 
ence of the guard interval, coupled with the relatively 
low symbol rate compared with the total bit rate being 
transmitted, renders the decoder highly resistant to mul- 
tipath distortion or interference. 

[0037] Appropriate synchronisation is provided, as is 
well-known to those skilled in the art. In particular, a syn- 
chronising circuit wilt receive inputs from the ADC 106 
and the FFT 108, and will provide outputs to the FFT 
and, for automatic frequency control, to the tuner 104. 
[0038] The output of the OFDM decoder 108 is then 
applied to a channel equalizer 110. This estimates the 



channel frequency response, then divides the input sig- 
nal by the estimated response, to output an equalised 
constellation. 

[0039] Now the signal is applied to a circuit 112 which 
combines the functions of measurement of channel 
state, and demodulation or demapping of the quadra- 
ture modulated constellations. The demodulation con- 
verts the signal back from QPSK, 16-QAM, or 64-QAM 
to a simple data stream, by selecting the nominal con- 
stellation points which are nearest to the actual constel- 
lation points received; these may have suffered some 
distortion in the transmission channel. At the same time 
the circuit 112 estimates the likelihood or level of cer- 
tainty that the decoded constellation points do in fact 
represent the points they have been interpreted as. As 
a result a likelihood or confidence value is assigned to 
each of the decoded bits. 

[0040] The output of the metric assignment and dem- 
apping circuit 112 is now applied to an error corrector 
block 120 which makes use of the redundancy which 
was introduced in the forward error corrector 30 in the 
transmitter. The error corrector block 120 comprises: 

an inner deinterleaver 122, 

an inner decoder 1 24, in the form of a soft-decision 
Viterbi decoder, 

an outer deinterleaver 126, and 
an outer decoder 128. 

[0041] The inner deinterleaver 122 provides symbol- 
based deinterleaving which simply reverses that which 
was introduced in the inner interleaver 38 in the trans- 
mitter. This tends to spread bursts of errors so that they 
are better corrected by the Viterbi decoder 124. The in- 
ner deinterleaver first shuffles the groups of 2, 4 or 6 
real and imaginary bits within a symbol (that is, 1 , 2 or 
3 of each), and then provides bit-wise deinterleaving on 
a block-based basis. The bit deinterleaving is applied 
separately to the 2, 4 or 6 sub-streams. 
[0042] Now the signal is applied to the Viterbi decoder 
124. The Viterbi decoder acts as a decoder for the cod- 
ing introduced by the punctured convolutional coder 36 
at the transmitter. The puncturing (when used) has 
caused the elimination of certain of the transmitted bits, 
and these are replaced by codes indicating a mid-value 
between zero and one at the input to the Viterbi decoder. 
This will be done by giving the bit a minimum likelihood 
value. If there is no minimum likelihood code exactly be- 
tween zero and one, then the added bits are alternately 
given the minimum values for zero and for one. The Vi- 
terbi decoder makes use of the soft-decision inputs, that 
is inputs which represent a likelihood of a zero or of a 
one, and uses them together with historical information 
to determine whether the input to the convolutional en- 
coder is more likely to have been a zero or a one. 
[0043] The signal from the Viterbi decoder is now ap- 
plied to the outer deinterleaver 126 which is a convolu- 
tional deinterleaver operating byte-wise within each 



25 



30 



35 



40 



45 



50 



9 



EP 1 221 793 A2 



10 



packet. The deinterleaver 126 reverses the operation of 
the outer interleaver 34 at the transmitter. Again this 
serves to spread any burst errors so that the outer coder 
128 can better cope with them. 

[0044] The outer decoder 128 is a Reed-Solomon de- 
coder, itself well-known, which generates 188-byte 
packets from the 204-byte packets received. Up to eight 
random errors per packet can be corrected. 
[0045] From the Reed-Solomon outer decoder 128 
which forms the final element of the error corrector block 
120, the signal is applied to an energy dispersal removal 
stage 130. This receives a pseudo-random binary se- 
quence at an input 132 and uses this to reverse the ac- 
tion of the energy dispersal randomiser 26 at the trans- 
mitter. From here the signal passes to an MPEG-2 trans- 
port stream demultiplexer 134. A given programme is 
applied to an MPEG-2 decoder 136; other programmes 
are separated out as at 138. The MPEG-2 decoder 136 
separately decodes the video, audio and data to provide 
elementary streams at an output 140 corresponding to 
those at the inputs 12 on Figure 1. 

Channel State Information in DVB-T Receivers 

[0046] We have previously proposed using channel 
state information in a DVB-T receiver in the manner de- 
scribed in our European Patent Application EP 0 991 
239A. That application describes a system in which a 
measurement of channel state is obtained for each car- 
rier of a COFDM signal and is used to vary the discrim- 
ination levels of the soft-decision quantiser which feeds 
the Viterbi decoder. The channel state information is ob- 
tained from, say, a 64-QAM signal by quantising the in- 
put with a hard-decision quantiser and obtaining the 
modulus of the difference between the quantised and 
unquantised signal. The channel state information is ap- 
plied through a symbol-delay recursive filter to a control 
circuit. The output of the control circuit directly controls 
the soft-decision quantisers by varying their discrimina- 
tion levels which they use in determining the likelihood 
or confidence values. 

[0047] Channel state is ideally a measure of C/(N+I), 
where C is the power of the wanted signal, N is the noise 
power, and I is the power of the unwanted interference. 
Channel state is thus a power ratio, an is a scalar 
number. However, approximations to this exact meas- 
ure can be used; for example the square of the complex 
channel response |H| 2 can be used as this is an approx- 
imation of C/N, which is in turn an approximation of CI 
(N+l), as illustrated below. 

[0048] In practice the received 64-QAM constellation 
values do not always fall exactly on the nominal constel- 
lation points, but because of noise, distortion and inter- 
ference, form a cloud of values in the vicinity of each 
point. As described below, channel state information 
(CSI) can be measured by determining how much the 
received values depart, on average, from the nominal 
positions. 



[0049] Figure 4 shows the system of our application 
EP 0 991 239A. The part corresponding on Figure 3 to 
the channel equaliser 110, through the metric assign- 
ment and demapping circuit 112 and the inner deinter- 

5 leaver 122 to the Viterbi decoder 124 is shown. The met- 
ric assignment and demapping circuit 112 is shown in 
more detail. In the circuit shown in Figure 4, an 11-bit 
input signal is received at an input 222 from the output 
of the channel equaliser 110 and is appl ied to three met- 

10 ric characteristic generating circuits 224a, 224b, and 
224c, which are referred to respectively as the bit 1 met- 
ric circuit, the bit 2 metric circuit, and the bit 3 metric 
circuit. The 9-bit output of each circuit 224 is connected 
to a respective adjustable quantiser 226, which provides 

15 a 3-bit soft decision output. The three 3-bit outputs are 
applied from the metric assignment and demapping cir- 
cuit 112 via the inner deinterleaver 122 to a multiplexer 
(MPXR) 228 for the 3-bit soft decisions, which produces 
two 3-bit outputs to inputs X and Y respectively of the 

20 Viterbi decoder 124. The Viterbi decoder 124 provides 
an output 232. 

[0050] Thus, before the 3-bit quantisation in the quan- 
tisers 226, the input signal received from the channel 
equaliser 110 is processed in the metric circuits 224 by 
25 a set of metric characteristics, which provide a measure 
of how far and in what sense the signal departs from the 
decision level for each bit. 

[0051] The resulting signals are individually quantised 
in quantisers 226 to produce three-bit soft decisions, 
30 that is, a confidence value is associated with each de- 
cision. The confidence values are quantised relative to 
confidence value discrimination levels. After deinter- 
Jeaving in the inner deinterleaver 1 22 , the soft decisions 
are then multiplexed in multiplexer 228 appropriately for 

35 the convolutional code being used for presentation to 
the X and Y inputs of the Viterbi decoder 124. 
[0052] Figure 4 shows a circuit 240 which can be used 
for channel state measurement. The circuit 240 is also 
connected to input 222 for receiving the input signal, 

40 which comprises time-multiplexed real and imaginary 
(in-phase and out-of-phase) carrier components for suc- 
cessive OFDM carriers. That is, the real and imaginary 
components for each carrier are multiplexed, and the 
resultant multiplexes for the carriers are themselves 

45 multiplexed. During any one symbol period all the carri- 
ers are processed. The input signal is applied to a 'hard' 
quantiser 244 and to the non-inverting input of a sub- 
tracter 246. The output of the quantiser 244 is connected 
to the inverting or subtractive input of the subtracter 246. 

so The output of the subtracter is then connected through 
a rectifier or modulus circuit 248, which inverts negative 
values, to one input of a two-input AND-gate 250. The 
other input of the AND-gate 250 receives a flag indicat- 
ing whether the carrier is a pilot of the DVB-T system, 

55 as referred to above, or rather is a data carrier carrying 
information. Operation is suppressed for the pilot carri- 
ers. The output of the AND-gate 250 is applied both di- 
rectly and through a delay 252 to an adding circuit 254, 
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the output 256 of which forms the output of the channel 
state measurement circuit. The delay 252 demultiplexes 
the real and imaginary values for each carrier, and the 
adder 254 adds the real and imaginary parts of the sig- 
nal value. The circuit 240 produces an output during a 5 
particular time period for each of the carriers the condi- 
tion of which is to be monitored. 
[0053] The method used in the equipment shown in 
circuit 240 to calculate the channel state consists, for 
each carrier, of first determining in the quantiser 244 the 
nearest nominal level for each component of the com- 
plex input signal, and then subtracting the thus-deter- 
mined nearest nominal level from the component of the 
complex input signal itself. This gives a measure of the 
deviation from the correct value, as introduced by the 
transmission channel. As noted, at this point the signal 
for each carrier is carried for convenience as time-mul- 
tiplexed real and imaginary components. The process 
of subtracting the nearest nominal level is simplified 
considerably by arranging that the nominal constellation 
positions are aligned with transitions of the major bits of 
the binary-encoded words used to represent the real 
and imaginary components. The resulting difference 
signals from the subtracter 246 are rectified in the rec- 
tifier 248 to produce positive-going signals, and the con- 
tributions of the pilot carriers of the DVB-T system are 
suppressed by the AND-gate 250, as noted above. The 
real and imaginary values for each carrier are then de- 
multiplexed by the delay 252 and are added together by 
the adder 254, to provide an approximation to the error 
magnitude for that carrier. 

[0054] While the exact length of the error vector could 
be measured by evaluating the root-sum-of-squares of 
the real and imaginary errors, this is unnecessarily ac- 
curate and using the sum of the real and imaginary er- 
rors provides a useful reduction in complexity. 
[0055] Figure 4 also shows a symbol-recursive filter 
260 for averaging the carrier error values as determined 
by the circuit 240. The filter 260 is connected to the out- 
put of the circuit 240 and receives at an input 262 the 
measured channel state error values. In the example of 
the filter 260 shown, these values are applied to a sym- 
bol delay filter 264. The measured channel state values 
are filtered with a recursive low-pass filter incorporating 
a full symbol period delay 272, a subtracter 266, atten- 
uator 268, and adder 270, so that successive error val- 
ues from each carrier position are averaged together. 
The signal is then clipped in circuit 274 to remove any 
negative values (caused by quantising errors) and to 
limit the range of positive values, before being passed 
to the quantiser selection process. Our European Patent 
Application 0 991 239A describes the detailed construc- 
tion of this example of the symbol-recursive filter 260 
(see Figure 6 of that application). 
[0056] The channel state information could be used 
simply to reject unusable carriers. However, perform- 
ance can be improved by modifying the soft-decision 
values according to the level of impairment signalled by 



the channel state measurement. A control law can be 
developed by a combination of theory and practical op- 
timisation to relate the modified soft decisions to the 
channel state values. 

[0057] This is illustrated in Figure 4, which shows a 
circuit 280 which implements a control law. The circuit 
280 has an input 282 for receiving the output of circuit 
260 which is applied to a logarithm circuit 284 which 
takes the logarithm of the input value to base two. The 
output of the circuit 284 is applied through an inverter 
286 to the non-inverting input of a subtracter 288. The 
inverting input of the subtracter receives a correction 
signal which is dependent upon the particular type of 
modulation system being used. The output of the sub- 
tracter 288 is multiplied by two in a multiplier 290, the 
output of which is applied to one input of a two-input 
adder 292 which also receives an offset adjustment. The 
output of the adder 292 is applied to a limiter or clipper 
294, the output 296 of which constitutes the output of 
the control law circuit 280. 

[0058] The circuit 280 operates by first taking the 
base-two logarithm of the channel state signal in the log- 
arithm circuit 284. Next, the log signal is bit-wise invert- 
ed by inverter 286, so that a large value now represents 
a good-quality signal. A shift is then subtracted in sub- 
tracter 288 to take account of the different channel state 
sensitivities of different modulation systems. This oc- 
curs because of the differing spacing between points in 
the constellation for systems other than 64-QAM. Be- 
cause of the logarithm, the shift gives the effect of divid- 
ing the channel state measurement by a factor. The re- 
sulting signal is multiplied by two in multiplier 290 to give 
the effect of using the square of the channel state meas- 
urement. This converts the voltage carrier-to-noise 
measurement into a power carrier-to-noise measure- 
ment. An adjustable offset, optimised empirically by 
measurement, is then added in adder 292 and the result 
clipped in clipper 294 to take account of the range of 
control avaijabie for modifying the soft decisions. 
[0059] The use of the logarithm circuit 284, which, no- 
tably, is not followed by any antilogarithm circuit, might 
be thought to distort the processing, but in fact is found 
to lead to more efficient processing. The logarithm op- 
eration does not need to be conducted with high accu- 
racy; a very low-grade logarithm using only one binary 
digit for the mantissa can be employed. 
[0060] The effective discrimination levels for the soft 
decisions in the Viterbi decoder are altered according to 
the measured channel state. That is to say, the hard de- 
cisions are fixed, and depend solely on which of a plu- 
rality of possible values is nearest to the received value. 
The confidence value associated with any decision and 
which makes it a soft decision is also quantised, and this 
quantisation is altered in dependence upon the channel 
state. The metric circuits 224 make the hard decisions, 
and the adjustable quantisers 226 do not alter those de- 
cisions but quantise and modulate the confidence val- 
ues. The quantiser levels used to produce the soft de- 
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cisions are altered in dependence upon the channel 
state. 

[0061] The circuit illustrated in Figure 4 thus shows 
how the circuits 240, 260, 280 are used to provide a sys- 
tem in which the channel state information is used in 
making the soft decisions in the decoder. The output of 
the circuit 280 is applied to control the adjustable quan- 
tisers 226 which produce respective soft decision out- 
puts. These are then applied to the deinterleaver 122, 
multiplexer 228, and Viterbi decoder 124. 
[0062] The quantisers 226 may provide ten different 
quantising laws selected by the 0 to 9 states of the 4-bit 
quantiser control signal from circuit 280, with state 9 rep- 
resenting the finest quantiser to be used for the highest 
quality signals. The quantiser laws are produced ap- 
proximately at gain steps of V2, so that the upper three 
bits of the control signal select five levels of bit shift, and 
clip the signals at the extremes of each range to produce 
a 5-bit signal. The soft decision value is then produced 
using the levels 12, 8, 4, 0, -4, -8 and -12 for unity gain 
values, or levels 9, 6, 3, 0, -3, -6 and -9 to approximate 
for 1 /^ 2 gain values. Thus for a carrier signal of very low 
quality, which is either originally small (and therefore 
noisy) or obscured by interference, the quantisation lev- 
els are spread over a wide range so that the standard- 
ised signal levels will tend to fall in the 011 and 100 
states, indicating low confidence in the values from this 
carrier to the Viterbi decoder. 

[0063] In an alternative arrangement (not described 
in our aforementioned European Patent Application) the 
quantisers 226 provide fourteen different quantising 
laws, selected by the 12 to 15 and 0 to 9 states of the 
control signal 296. State 12 represents the coarsest 
quantiser to be used for the poorest quality signals, and 
state 9 represents the finest quantiser to be used for the 
highest quality signals. In this case the operation of the 
clipper 294 in the control law circuit 280 is now to clip to 
the range -4 to 9 in two's complement. Then by discard- 
ing the sign bit, the unsigned numbers 12 to 15 and 0 to 
9 are successively obtained. There are now seven lev- 
els of bit shift. 

[0064] In the channel state measurement system of 
Figure 4 it may be said that the measurement is a direct 
one, that is to say channel state is measured by taking 
a measure of the distance from the received point to the 
nearest constellation point, and this is done carrier by 
carrier after the channel equaliser. This measurement, 
which may be termed a measurement of the cloud size, 
will normally give an accurate estimate of the true quality 
of each carrier of the many-carrier signal. 

Indirect channel state measurement 

[0065] It is also known that it is possible to provide an 
estimate of the signal-to-noise ratio for each carrier in a 
DVB-T system, by determining the strength of so-called 
scattered pilots distributed amongst the data-carrying 
carriers produced in the OFDM process. The strength 



of the individual carriers is then estimated by interpola- 
tion in frequency and time amongst the signal-to-noise 
values obtained for the pilots. This may be regarded as 
an indirect approach to obtaining a measure of channel 
5 state for each of the carriers. 

[0066] Figure 5 illustrates the structure of a hardware 
implementation of a channel state measurement system 
operating in accordance with the indirect method. As 
with Figure 4, the part of the receiver of Figure 3 corre- 
10 sponding to the channel equaliser, through the metric 
assignment and demapping circuit 112 and the deinter- 
leaver 122 to the Viterbi decoder 124 is shown. In this 
case both the channel equaliser 110 and the metric as- 
signment and demapping circuit 112 are shown in more 
15 detail. The channel equaliser 110 is similar to that de- 
scribed in European Patent Application EP-A-0441 731 
and United States Patent 5,274,629, see Figure 5 there- 
of. A practical receiver would also include circuitry for 
detecting and allowing for frequency-selective interfer- 
20 ence, but this is not relevant to the present invention and 
has been omitted for simplicity. Figure 5 is indicated as 
prior art, in that it represents the detailed implementation 
of a principle which has previously been proposed, 
though it is not known that the principle or the implemen- 
25 tation have previously been published. 

[0067] Referring to Figure 5, a signal is received at an 
input 300 from the OFDM decoder or FFT circuit 108. 
This signal is applied two ways; to a main signal path 
comprising a compensating delay 3.02 and a complex 
30 divider 304 to the main input of the metric assignment 
and demapping circuit 112, and to a side-chain. The 
side-chain commences with a scattered pilot store 310 
which is capable of storing the values of the most recent 
six symbols 1 worth of scattered pilots. A temporal inter- 
35 polator 312 is connected to the output of the scattered 
pilot store 310, and the scattered pilot values are read 
out of the store as required for the temporal interpolator. 
[0068] The temporal interpolator 312 performs linear 
interpolation between adjacent scattered pilots, which 
40 are four symbols apart in time. There are scattered pilots 
on every third carrier, and therefore the temporal inter- 
polation is done once for every three carriers. It will be 
appreciated that the temporal interpolation is done for a 
point in time which is three symbols ago, because this 
45 is the most recent time for which all the requisite scat- 
tered pilots will have been received. The temporal inter- 
polator 312 receives from the scattered pilot store those 
two scattered pilots, four symbols apart, which bracket 
the point being interpolated, or just one scattered pilot 
50 when there is a pilot at the point being interpolated. For 
this reason it is necessary to store six symbols' worth of 
scattered pilots. The output of the temporal interpolator 
312 is thus the interpolated scattered pilot value on eve- 
ry third carrier. 

55 [0069] As described in the DVB standard referred to 
above, the scattered pilots are modulated in the trans- 
mitter by a PRBS sequence, which is a series of values, 
one for each of the transmitted carriers, and are boosted 
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by the factor 4/3. Thus the modulation is defined as +4/3 
+ jO on some carriers and -4/3 + jO on others, depending 
upon the corresponding bit in the PRBS sequence. In 
the channel equaliser 110, the output of the temporal 
equaliser is applied to a reference PRBS removal circuit 5 
314 which removes the modulation. That is, it passes 
the scattered pilot on unaltered if the transmitted value 
of the scattered pilot is +4/3 + jO, and negates or inverts 
the value of the scattered pilot if the transmitted value 
of the scattered pilot is -4/3 + jO. The output of the ref- 
erence PRBS remover 314 is thus the interpolated 
channel frequency response on every third carrier. 
[0070] The output of the reference PRBS removal cir- 
cuit 314 is applied to a frequency interpolator 316. The 
frequency interpolator takes the form of a finite impulse 
response (FIR) filter implemented as an eight-tap trans- 
versal filter. The frequency interpolator operates in the 
frequency direction and interpolates a value for every 
carrier. 

[0071] More accurately, the FIR filter constituting the 
frequency interpolator 316 is a three-phase filter having 
a total of 23 taps. The two asymmetrical phases each 
have eight taps, and the impulse response of one is the 
reverse of the other. The symmetrical phase has seven 
taps, six of which are zero. The data is complex, while 
the tap weights are real. 

[0072] The data from the reference PRBS remover 
314 are shifted through the filter 316 at one step every 
three carriers, and thus at each step the three phases 
of the filter 316 are applied to the data in turn. This gen- 
erates an interpolated channel frequency response for 
every carrier. 

[0073] The output of the frequency interpolator 316 
thus represents the strength of each of the individual 
carriers of the OFDM multiplex. If the noise on each 
channel is the same, the carrier to noise ratio will then 
be the inverse of the frequency response and will con- 
stitute a channel state indicator (CSI) on a carrier by car- 
rier basis. 

[0074] The values from the frequency interpolator 31 6 
are applied to a denominator input of the complex divid- 
er 304 in the main signal path. The value of the signal 
on each carrier as received from the FFT 108 is applied 
to the numerator input of the complex divider304. Thus, 
the value of the signal on each carrier is divided by the 
corresponding interpolated channel frequency re- 
sponse value. This equalises the signal, to produce the 
constellation forms shown in Figure 9 of the standard. 
These have in fact been multiplied by the normalisation 
factors given in Table 6 of the standard, and further mul- 
tiplied by 3/4. These factors are allowed for as will be 
understood by those familiar with the art. 
[0075] The compensating cjelay 302 provides a delay 
of about three symbols and is included because the 
most recent point in time for which the interpolation of 
the channel frequency response can be done is three 
symbols ago. 

[0076] The equalised output of the complex divider 



304 provides the signal output from the channel equal- 
iser and is applied to the bit metric circuits 224 in the 
metric assignment and demapping circuit 112. The bit 
metric circuits 224, quantisers 226, deinterleaver 122, 
multiplexer 228 and Viterbi decoder are the same as in 
Figure 4 and are not again described. 
[0077] As well as being applied to the complex divider 
304, the output of the frequency interpolator 316, which 
forms a so-called indirect measurement of the channel 
state, is applied to a control law circuit 320. This has an 
input 322 connected to the output of the frequency in- 
terpolator 316. The output of the frequency interpolator 
is a series of complex values transmitted in a single 
stream with the real and imaginary parts multiplexed. 
This is first applied to a rectifier or modulus circuit 323, 
which inverts negative values, and the output of which 
is applied both directly and through a delay 324, which 
co-times the real and imaginary parts, to a circuit 325 
which performs the function of taking one-quarter of the 
smaller of the two inputs and leaving the larger input 
unchanged. This circuit 325 can be formed of two com- 
ponents, the first of which passes whichever is the great- 
er of the two inputs to a first output and whichever is the 
smaller to a second output, followed by a circuit which 
takes one-quarter of the second output. Other imple- 
mentations are possible. The rectifier 323, the delay 
324, the circuit 325, and an adder 326 co-operate to 
generate an approximate magnitude value for the com- 
plex values, which in this instance may be defined as 
equal to the larger of the two (real and imaginary) com- 
ponents plus one-quarter of the other, smaller compo- 
nent. These magnitude values are then applied to a log- 
arithm circuit 328 which takes the logarithm of the input 
value to base two. The output of the circuit 328 is applied 
to a multiplier 330 where it is multiplied by two. The out- 
put of the multiplier 330 is applied to one input of a two^ 
input adder 332 which also receives an offset adjust- 
ment. The output of the adder 332 is applied to a limiter 
or clipper 334, the output 336 of which constitutes the 
output of the control law circuit 320. 
[0078] The elements 328,330, 332 and 334 of the 
control law circuit 320 of Figure 5 are similar to the ele- 
ments 284,290,292 and 294 of the control law circuit 280 
of Figure 4. 

[0079] The circuit 320 operates on the magnitude sig- 
nal from adder 326 by taking the base-two logarithm of 
the channel state signal in the logarithm circuit 328. The 
resulting signal is multiplied by two in multiplier 330 to 
give the effect of using the square of the channel state 
measurement. This converts the voltage measurement 
into a power measurement. An adjustable offset, opti- 
mised empirically by measurement, is then added in 
adder 332, and the result clipped in clipper 334 to take 
account of the range of control which is available for 
modifying the discrimination levels for the soft decisions 
in the quantisers 226. 

[0080] In the indirect path the square of the channel 
response |H| 2 can be used as an adequate measure of 
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channel state, in so far as it is an approximation of C/N, 
which is in turn an approximation of C/(N+I), this being 
the strict measure of channel state. 

Preferred Embodiment of Channel State Measurement 

[0081] As noted above, the direct measurement of 
channel state as illustrated in Figure 4 generally gives 
improved results. However, we have found that there is 
one special circumstance where the improvement is not 
forthcoming, namely where there is both movement and 
OdB echoes. The preferred embodiment of the inven- 
tion, described in Figure 6, overcomes this problem. 
[0082] Figure 6 again shows the part of a DVB-T re- 
ceiver corresponding on Figure 3 to the channel equal- 
iser 110, the metric assignment and demapping circuit 
112, the inner deinterieaver 122, and the Viterbi decoder 
124. 

[0083] The channel equaliser 110 has an input 300 
connected to the FFT circuit 108 and contains a com- 
pensating delay 302 and a complex divider 304 in the 
main signal path, and a scattered pilot store 310, tem- 
poral interpolator 312, reference PRBS removal circuit 
314, and frequency interpolator 316. The output of the 
frequency interpolator 316 is applied to the denominator 
input of the complex divider 304. The channel equaliser 
is thus the same as the channel equaliser 110 of Figure 
5 and is thus not further described in detail. It will be 
recalled that the output of the frequency interpolator 316 
can be used as a measure of channel state, and is de- 
rived by interpolating the strengths of the scattered pilot 
carriers in the transmission multiplex. 
[0084] The metric assignment and demapping circuit 
112 has a main signal input 222 connected to the output 
of the complex divider 304 in the channel equaliser, and 
includes three bit metric circuits 224a, 224b and 224c, 
and three adjustable quantiser circuits 226a, 226b and 
226c connected respectively to the bit metric circuits. 
The quantiser circuits are connected through the inner 
deinterieaver 122 and a multiplexer 228 for the 3-bit soft 
decisions to a Viterbi decoder. These elements are all 
the same as shown in Figure 4, and are not further de- 
scribed in detail. 

[0085] The quantisers 226a, 226b and 226c all re- 
ceive a control signal which adjusts the amplitudes of 
the discrimination levels in the quantisers relative to the 
received values, and thus changes the confidence level 
discrimination levels in dependence upon channel state. 
[0086] The metric assignment and demapping circuit 
112 generates the control signal for the quantisers 226 
as follows. The circuit 112 includes a direct channel 
state determining section and an indirect channel state 
determining section. The direct channel state determin- 
ing section comprises a direct channel state determining 
circuit 240 connected to the input 222, a symbol recur- 
sive filter 260 connected to the circuit 240, and a control 
law circuit 280 connected to the filter 260. These are the 
same as the correspondingly-numbered elements in 
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Figure 4 and are not therefore described again in detail. 
The construction of the filter 260 is not shown in Figure 
6 but may be seen from Figure 4. The direct channel 
state determining section operates by comparing in the 

5 subtracter 246 the input values with hard quantised val- 
ues obtained from the hard quantiser 244. 
[0087] The indirect channel state determining section 
comprises a control law circuit 320 connected to the out- 
put of the frequency interpolator 316 to receive the fre- 

10 quency response of the scattered pilots in the input sig- 
nal. The control law circuit is identical to the control law 
circuit 320 of Figure 5. 

[0088] In the embodiment of Figure 6, the output 346 
of the direct-measurement control law circuit 280 and 

15 the output 348 of the indirect-measurement control law 
circuit 320 are both applied to a comparison circuit 350. 
The comparison circuit 350 is a selection which selects 
the output 346,348 which represents the worse or poor- 
er channel state, and thus the comparison circuit is iden- 

20 tified on Figure 6 by a "less than" sign. The circuit 350 
thus applies a non-linear function. The selected signal 
346,348 is then applied to a limiter or clipper 352 corre- 
sponding to the limiter or clipper 294 of Figure 4 and to 
the limiter or clipper 334 of Figure 5 to provide a control 

25 output signal 354 which is applied to the control inputs 
of the quantisers 226. 

[0089] With this arrangement, for interference and for 
nulls in the signal input where there is no movement or 
only slow movement, the output 346 from the direct 

30 channel state determining section will be used. Howev- 
er, for quickly-moving nulls, which are lost in the filtering 
of the direct measurement, the output 348 from the in- 
direct channel state determining section will be used. 
[0090] In this way improved channel state measure- 

35 ment can be obtained. 

[0091] Although described in the context of DVB-T, 
the invention may be applicable to other many-carrier 
transmission systems. 

[0092] While one example of the invention has been 
40 described, it will be appreciated that many variations 
may be made in the implementation of the invention. In 
particular, while the invention has been described in 
terms of hardware elements, these may, in practice, be 
implemented at least in part in software. When this is 
45 done Figure 6 should be regarded as a flow chart indi- 
cating the software operation. 



Claims 

50 

1 . Apparatus for determining values encoded by a re- 
ceived signal, the values being selected from a plu- 
rality of possible values, the apparatus comprising: 

55 an input (300) for receiving a signal represent- 

ing a sequence of values; 
adjustable soft-decision quantising means 
(224,226) coupled to the input for comparing 
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the received values with a plurality of discrimi- 
nation levels to determine at any moment the 
values from the plurality of possible values 
which are nearest to the values indicated by the 
received signal and for providing confidence 5 
values related thereto, the determination of the 
confidence values being adjustable in re- 
sponse to a control signal; and 
channel state determining means (112) cou- 
pled to the input for generating from the re- 10 
ceived signal a measure of channel condition; 
in which the channel state determining means 
comprises a direct channel state determining 
section (240,260,280) and a separate indirect 
channel state determining section (110,320), 15 
the direct channel state determining section op- 
erating by comparing the input values with hard 
quantised values obtained from the input val- 
ues, and the indirect channel state determining 
section operating by determining channel state 20 
from the frequency response of a plurality of 
reference values in the input signal, the control 
signal being generated from the output of the 
direct and indirect channel state determining 
sections. 25 

2. Apparatus according to claim 1 , in which the chan- 
nel state determining means includes a selector 
(350) for generating the control signal by selecting 

the output of whichever of the direct and indirect 30 . 
channel state determining sections indicates the 
worse channel state condition. 

3. Apparatus according to claim 1 , in which the indirect 
channel state determining section comprises a 35 
channel equaliser (110) followed by a control law 
circuit (320). 



for determining from the received reference 
carriers the frequency response of the trans- 
mission channel, and equalising the input sig- 
nal in response thereto; 

a direct channel state determining section 
(240,260,280) coupled to receive the input sig- 
nal after equalisation in the channel equaliser 
and including: 

quantising means (244) coupled to the out- 
put (222) of the channel equaliser for de- 
termining at any moment the phase/ampli- 
tude points from a plurality of possible 
phase/amplitude points which are nearest 
to each of the points represented by each 
carrier in each symbol period; and 
differencing means (246,248) coupled to 
the output of the channel equaliser and to 
the quantising means for determining the 
modulus of the differences between the 
points represented by each carrier in each 
symbol period and the corresponding near- 
est points of the plurality of possible phase/ 
amplitude points; 

an indirect channel state determining section 
(310-320) separate from the direct channel 
state determining section for determining the 
frequency response of the transmission chan- 
nel, and for determining therefrom a measure 
of channel state; and 

means (350) coupled to the direct and indirect 
channel state determining sections for provid- 
ing an output channel state indication derived 
from whichever of the direct and indirect chan- 
nel state determining sections indicates the 
worse channel state condition. 



4. Apparatus according to claim 1 , in which the direct 
channel state determining section includes means *o 
(240) for measuring the distance between a re- 
ceived amplitude/phase position and the nearest of 

a plurality of possible amplitude/phase positions. 

5. Apparatus for determining channel state informa- 45 
tion from an OFDM signal received over a channel, 

the signal representing phase/amplitude points se- 
lected from a constellation of possible phase/ampli- 
tude points, the apparatus comprising: 

50 

an input (300) for receiving an OFDM signal 
transmitted over a channel, the OFDM signal 
consisting of many carriers comprising data 
carriers representing a sequence of phase/am- 
plitude points in successive symbol periods, 55 
and reference carriers interleaved among the 
data carriers; 

a channel equaliser (110) coupled to the input 



6. Apparatus according to claim 5, in which the direct 
channel state determining section further compris- 
es accumulating means (260) coupled to the differ- 
encing means for accumulating the differences for 
each carrier to provide an output indicating channel 
state for each of the many carriers. 

7. Apparatus according to claim 6, in which the accu- 
mulating means includes a symbol recursive filter 
(260). 

8. Apparatus according to claim 5, in which the indirect 
channel state determining section comprises a 
channel equaliser (110) followed by a control law 
circuit (320). 

9. A method of determining values encoded by a re- 
ceived signal, the values being selected from a plu- 
rality of possible values, the method comprising the 
steps of: 



11 
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receiving a signal representing a sequence of 
values; 

comparing the received values with a plurality 
of discrimination levels to determine at any mo- 
ment the values from the plurality of possible 5 
values which are nearest to the values indicat- 
ed by the received signal and to provide confi- 
dence values related thereto, the determination 
of the confidence values being adjustable in re- 
sponse to a control signal; and 10 
generating from the received signal a measure 
of channel condition; 

in which step of generating from the received 
signal a measure of channel condition the 
channel state determining means comprises a 15 
direct channel state determination and a sepa- 
rate indirect channel state determination, the 
direct channel state determination operating by 
comparing the input values with hard quantised 
values obtained from the input values, and the 20 
indirect channel state determination operating 
by determining channel state from the frequen- 
cy response of a plurality of reference values in 
the input signal, the control signal being gener- 
ated from the direct and indirect channel state 25 
determinations. 

1 0. A method according to claim 9, in which the channel 
state determination includes generating the control 
signal by selecting the output of whichever of the 30 
direct and indirect channel state determinations in- 
dicates the worse channel state condition. 

1 1 . A method according to claim 9, in which the indirect 
channel state determination comprises channel 35 
equalisation followed by control law operation. 

12. A method according to claim 9, in which the direct 
channel state determination measures the distance 
between a received amplitude/phase position and <o 
the nearest of a plurality of possible amplitude/ 
phase positions. 



sponse thereto; 

direct channel state determination receiving the 
equalised input signal and including: 

determining at any moment the phase/am- 
plitude points from a plurality of possible 
phase/amplitude points which are nearest 
to each of the points represented by each 
N carrier in each symbol period; and 
determining the modulus of the differences 
between the points represented by each 
carrier in each symbol period and the cor- 
responding nearest points of the plurality 
of possible phase/amplitude points; 

indirect channel state determination to deter- 
mine the frequency response of the transmis- 
sion channel, and for determining therefrom a 
measure of channel state; and 
providing an output channel state indication de- 
rived from whichever of the direct and indirect 
channel state determinations indicates the 
worse channel state condition. 

14. A method according to claim 13, in which the direct 
channel state determination further comprises ac- 
cumulating the differences for each carrier to pro- 
vide an output indicating channel state for each of 
the many carriers. 



13- A method of determining channel state information 
from an OFDM signal received over a channel, the 45 
signal representing phase/amplitude points select- 
ed from a constellation of possible phase/amplitude 
points, the method comprising the steps of: 

receiving an OFDM signal transmitted over a 50 
channel, the OFDM signal consisting of many 
carriers comprising data carriers representing 
a sequence of phase/amplitude points in suc- 
cessive symbol periods, and reference carriers 
interleaved among the data carriers; 55 
determining from the received reference carri- 
ers the frequency response of the transmission 
channel, and equalising the input signal in re- 
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